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FIG. 13
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ADAPTIVE ARRAY CONTROL DEVICE,
METHOD AND PROGRAM, AND ADAPTIVE
ARRAY PROCESSING DEVICE, METHOD
AND PROGRAM

This applications 1s based upon and claims the benefit of
priority from Japanese patent applications No. 2006-117289,
filed on Apr. 20, 2006, the disclosure of which 1s incorporated

herein 1n 1ts entirety by reference.

TECHNICAL FIELD

The present invention relates to an adaptive array control
device, a method and their program, and an adaptive array
processing device, a method, and their program. In particular,
the present invention relates to an adaptive array control
device, method and program for recerving signals with direc-
tivity using a plurality of sensors, and an adaptive array pro-
cessing device, method, and its program.

In the field of audio signal acquisition, sonars, and wireless
communications, a speech enhancement device by means of
an adaptive microphone array and a wireless transcetver by
means ol an adaptive antenna array have been known, for
example. Such a device 1s capable of enhancing and receiving
only a particular signal from a plurality of signal sources,
which 1s an application of an adaptive array technique. As
sensors, microphones, ultrasonic sensors, sonar receivers,
and radio wave antennas may be used.

Here, a case of using microphones as sensors will be
described.

Hereinatiter, in order to simplify the description, a case
where microphones are arranged on a line at equal interval
will be considered. Further, 1t assumes that a target audio
source 1s suiliciently distant from the line on which the micro-
phones are arranged, and that the direction of the target audio
source 1s orthogonal to the line.

A microphone array filters signals mput to a plurality of
microphones, and then adds them to form a spatial filter. With
this spatial filter, only a signal mncoming from a predefined
direction, or a switch target signal, 1s enhanced, and signals
other than the target signal are attenuated. An adaptive micro-
phone array 1s an array of microphones having a function of
adaptively varying the spatial filter characteristics. As a con-
figuration of an adaptive microphone array, a “generalized
sidelobe canceller” disclosed 1n Non-Patent Document 1, the
configuration disclosed in Non-Patent Document 2, the con-
figuration disclosed 1in Non-Patent Document 3, the “frost
beamformer” disclosed 1n Non-Patent Document 4, and the
configuration disclosed in Non-Patent Document 5, have
been known, for example.

A generalized sidelobe canceller, which 1s a basic adaptive
array processing device disclosed in Non-Patent Document 1,
includes a fixed beamformer, a blocking matrix circuit, and a
multi-input canceller. The blocking matrix circuit includes an
adaptive blocking matrnix circuit including adaptive filters.
The fixed beamiormer processes a plurality of sensor signals
and enhances a target signal. The blocking matrix circuit
suppresses the target signal included 1n the plurality of sensor
signals, and relatively enhances interferences.

The adaptive blocking matrix circuit subtracts a pseudo
target signal generated by the adaptive filters from the plural-
ity of the sensor signals with the fixed beamiormer output
being used as a reference signal, and supplies to a multi-input
canceller. The adaptive filter coellicient of the adaptive block-
ing matrix circuit 1s to be updated so as to minimize an output
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2

of the adaptive blocking matrix circuit with use of the fixed
beamiormer output and an output of the adaptive blocking
matrix circuit.

The multi-input canceller subtracts a pseudo interference
generated by the adaptive filters from the fixed beamformer
output with an output of the blocking matrix circuit being
used as a reference signal. In the signal obtained by the
subtraction processing, the target signal 1s enhanced and the
interference 1s suppressed, which becomes an array display
output. Through the subtraction processing, correlation of the
output signal with respect to the interference 1s eliminated.
The adaptive filter coellicient of the multi-input canceller 1s
updated to minimize the multi-input canceller output using
the blocking matrix circuit output and the multi-input cancel-
ler output.

As the fixed beamiormer, a delay-and-sum beamiormer
which delays respective sensor signals and adds them, a filter-
and-sum beamiformer which filters and adds them, may be
used. Those fixed beamiormers are described 1n Non-Patent
Document 6 1n detail.

The delay-and-sum beamiormer delays a plurality of sen-
sor signals for only the umique number of samples of each
signal, and after multiplying a unique coetficient by each
signal, calculates the sum and outputs it. The delay time of
cach signal 1s set such that after each sensor signal 1s delayed,
the phases of the target signal included therein will become
the same. Consequently, the target signal included i the
output of the delay-and-sum beamiormer 1s enhanced.

On the other hand, for the interference incoming from a
direction different from that of the target signal, as the phases
are different from each other in the respective delayed signals,
the iterferences are oifset each other by addition and attenu-
ated. As such, i the output of the delay-and-sum beam-
former, the target signal 1s enhanced and the interferences are
attenuated. The filter-and-sum beamiormer has a configura-
tion such that delaying and constant multiplying with respect
to sensor signals in the delay-and-sum beamiformer are
replaced with filters. Those filters can be made such that
elfects of delaying and constant multiplying in the delay-and-
sum beamiormer differ with respect to respective frequen-
cies. As such, the target signal enhancing effect 1s more
enhanced compared to that of the delay-and-sum beamiormer
with respect to signals 1n which spectrum 1s not flat.

The adaptive blocking matrix circuit and the multi-input
canceller include a plurality of adaptive filters. As such adap-
tive filters, structures of FIR filters, 1IR filters, and lattice
filters may be used. Further, as a coefficient update algorithm
of those adaptive filters, NLMS algorithm (learning identifi-
cation method or normalized LMS algorithm), RLS algo-
rithm (sequential mimmimum square method), a projection
algorithm, a gradient method, an LS algorithm (minimum
square method), a block adaptive algorithm, and adaptive
algorithm of transform region may be used. Further, when
performing coetficient updating, a tap coelficient constraint
adaptive algorithm applying constraint to a coellicient value
to be newly calculated, a leak adaptive algorithm, and a tap
norm constraint adaptive algorithm applying constraint to a
coellicient value norm may be used. As those coelficient
update algorithms with constraint are described i Non-
Patent Document 7 1n detail, the description 1s omitted.

In the coetlicient update of the adaptive blocking matrix
circuit, the enhanced interference becomes an unnecessary
signal for coelficient update, and in the coellicient update of
the multi-input canceller, the enhanced target signal becomes
an unnecessary signal for coellicient update, both of which
disturb coetlicient update. As such, in either case, the adaptive
filter coetlicient 1s disturbed, so that uncomiortable breathing
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noises are caused 1n the output signal of the array processing,
device. In order to prevent the noises, 1t 1s necessary to make
the coellicient update step size small. However, a small step
s1ze causes a delay of the speed with which the characteristics
of the adaptive blocking matrix circuit follows the movement
of the target signal, so that the quality of the adaptive array
device output which 1s the final output is deteriorated. In order
to solve this problem, adaptive mode control devices are
disclosed 1n Non-Patent Documents 8 and 9.

In the method disclosed 1n Non-Patent Document 8, pres-
ence of the interference 1s detected using correlation between
signals obtained from adjacent sensors. By halting coellicient
update when the interference 1s detected, a fine output of the
adaptive array device can be obtained. In this method, as 1t 1s
developed to be applied for hearing aid, microphone intervals
are wide, and the signal band 1s restricted from about 600 Hz
to 1,200 Hz 1n order to prevent spatial aliasing. In an appli-
cation of using normal audio signals, as the audio power may
sometimes also be present outside this frequency range, pres-
ence of interferences cannot be detected accurately. Further,
as 1t 1s configured to control coefficient update of only multi-
input canceller while assuming a fixed blocking matrix cir-
cuit, 1t cannot be directly applied to the adaptive blocking
matrix circuit.

In the method disclosed 1n Non-Patent Document 9, pres-
ence of interference 1s detected using a power ratio of the
target signal to the interference (SIR). The power estimation
of the target signal 1s performed using a fixed beamiormer
output. The power estimation of the interference 1s performed
using an output of the adaptive blocking matrix circuit. The
ratio of these estimation values (that 1s, estimation values of
SIR) 1s compared with a threshold. If SIR 1s larger than the
threshold, as the target signal 1s prevailing in the input signal
and effects of the target signal are small, coefficient update
will be performed 1n the adaptive blocking matrix circuit. In
contrast, as the target signal interrupts coefficient update of
the multi-input canceller, coellicient update of the multi-input
canceller 1s halted. If SIR 1s smaller than the threshold, the
coellicient update 1s halted 1n the adaptive blocking matrix
circuit, and coetlicient update 1s performed 1n the multi-input
canceller.

In this method, the adaptive blocking matrix circuit does
not exhibit suificient performance until the adaptive filter
coellicient included 1n the adaptive blocking matrix circuit 1s
converged, so that estimation of the interference power
becomes maccurate. As such, particularly 1n the nitial timing
ol operation, errors may be easily caused 1n the coefficient
update control of the adaptive blocking matrix circuit and the
multi-input canceller, leading to deterioration 1n the output
audio of the array processing device. In order to solve this
problem, Non-Patent Document 10 discloses an adaptive
mode control means having a dedicated fixed blocking matrix
circuit.

In the method disclosed in Non-Patent Document 10,
power estimation of 1nterference 1s performed using a dedi-
cated fixed blocking matrix circuit. As such, desired pertor-
mance can be achieved irrespective of the convergence of the
adaptive filter coelficient included in the adaptive blocking
matrix circuit, which enables accurate interiference power
estimation.

FI1G. 31 shows a configuration in which the adaptive array
processing device disclosed in Non-Patent Document 9 1s
combined with the adaptive mode control device disclosed 1n
Non-Patent Document 10. The adaptive array processing
device disclosed 1n Non-Patent Document 9 includes a fixed
beamformer 200, an adaptive blocking matrix circuit 300, a
delay element 400, and a multi-input canceller 500. Further,
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the adaptive mode control device includes a blocking matrix
circuit 310, an SIR estimation section 700, and a comparator
section 800.

The fixed beamformer 200 processes signals obtained from
M pieces of sensors 100, to 100,, , to thereby enhance a
target signal. The adaptive blocking matrix circuit 300 sup-
presses the target signal imncluded 1n the plurality of sensor
signals, and relatively enhances interference. This 1s achieved
by generating pseudo target signals by a plurality of adaptive
filters with an output of the fixed beamformer 200 being used
as a reference signal, and subtracting them from signals
obtained from M pieces of the sensors 100, to 100, , .. The
coellicient of the adaptive filter 1s updated such that an output
of the adaptive blocking matrix circuit 300 1s minimized, by
using an output of the fixed beamformer 200 and an output of
the adaptive blocking matrix circuit 300.

The delay element 400 delays an output of the fixed beam-
former 200 by L sample, and supplies it to the multi-input
canceller 500. The value of L 1s set such that the phases of the
target signal component in the output of the delay element
400 and the target signal component in the output of the
adaptive blocking matrix circuit 300 become the same. For
example, 1t may be set to the sum of the group delay time of
the fixed beamformer 200 and a time corresponding to about
one fourth to a half of the number of taps of the adaptive
blocking matrix circuit 300.

The multi-input canceller 500 receives and performs pro-
cessing on a signal formed by delaying the output signal of the
fixed beamformer 200 and an output signal of the adaptive
blocking matrix circuit 300 to thereby suppress interference,
and further enhances the target signal relatively. The multi-
iput canceller 500 receives the enhanced interference as a
reference signal from the adaptive blocking matrix circuit
300, and as a signal correlated to this signal, generates a
pseudo interference by adaptive filters. The generated pseudo
interference 1s subtracted from the enhanced target signal
which 1s an output of the delay element 400. This output 1s
transmitted to the output terminal 600. The adaptive filter
coellicient of the multi-input canceller 500 1s updated, using
the output of the adaptive blocking matrix circuit 300 and the
output signal transmitted to the output terminal 600, so as to
minimize the output signal.

The output of the adaptive blocking matrix circuit 300 to be
used in coellicient update of the adaptive blocking matrix
circuit 300 includes interference and a suppressed target sig-
nal. However, as the adaptive blocking matrix circuit 300 can
alfect only the target signal component, the interference 1s
output as 1t 1s. In other words, the adaptive blocking matrix
circuit 300 can minimize only the target signal component,
and the 1nterference component included 1n this output dis-
turbs coelficient update. With the disturbing, the adaptive
filter coellicient included in the adaptive blocking matrix
circuit 300 1s disordered, so that the signal transmuitted to the
multi-input canceller 500 becomes unstable. As a result, the
output of the multi-input canceller 500, that 1s, the output of
the entire adaptive array device, 1s disturbed, causing uncom-
fortable breathing noises. In order to prevent the noises, SIR
1s estimated using the plurality of sensor signals, and the
coellicient update of the adaptive blocking matrix circuit 300
1s controlled using the estimated value.

Similarly, the target signal enhanced in the coelficient
update of the multi-input canceller 500 becomes an unneces-
sary signal for coellicient update, disturbing the coeltlicient
update. With the disturbing, the adaptive filter coelficient
included 1n the multi-input canceller 500 1s disordered, caus-
ing uncomiortable breathing noises in the adaptive array
device output. As such, same as the adaptive blocking matrix
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circuit 300, SIR of the plurality of sensor signals 1s estimated,
and coelficient update of the multi-input canceller 500 1s
controlled with the estimated value.

The SIR estimation section 700 performs SIR estimation
using the output of the blocking matrix circuit 310 and the
output of the fixed beamiormer 200. Power estimation of the
target signal 1s performed using the output of the fixed beam-
former. Power estimation of the mterference 1s performed
using the output of the fixed blocking matrix circuit. The two
estimate values are supplied to the SIR estimation section

700, and the ratio 1s calculated to serve as an estimated SIR

value. The estimated SIR value 1s transmitted from the SIR
estimation section 700 to the comparator section 800. The
comparator section 800 compares the estimated SIR value
with a threshold.

If the estimated SIR value 1s larger than the threshold, as

the target signal 1s prevailing in the mnput signal so that el

ect
of the interference 1s small, a control signal for performing
coellicient update 1n the adaptive blocking matrix circuit 1s
generated, and the signal 1s supplied to the adaptive blocking
matrix circuit 300. In contrast, as the target signal disturbs in
the coelficient update of the multi-input canceller 500, a
control signal for halting coefficient update of the multi-input
canceller 1s generated, and the signal 1s supplied to the multi-
input canceller 500. IT the estimated SIR value 1s smaller than
the threshold, coetficient 1s halted in the adaptive blocking
matrix circuit, and a signal for performing coeificient update
in the multi-input canceller 1s generated and supplied to the
adaptive blocking matrix circuit 300 and the multiple 1nput
canceller 5300, respectively.

The blocking matrix circuit 310 and the SIR estimation
section 700 configures an 1dentification information genera-
tion section 810. The SIR 1s a ratio of the target signal power
and the interference power, and calculating the SIR corre-
sponds to generating identification information of the target
signal and the iterference by amplitude. By comparing the
identification information with the threshold, 1t 1s 1dentified
whether a target signal 1s prevailing or interference 1s prevail-
ing. In other words, the identification information generation
section 810 generates 1dentification information by ampli-
tude.

FIG. 32 shows an exemplary configuration of the blocking,
matrix circuit 310, which 1s configured of a subtractor 311 for
calculating the difference between the i” sensor signal X,(k)
and the (i+1)” sensor signal X, (k). Here, k is an indicator
showing the time, and 11s an integer 1n a range from 0 to M-2.
The output signal z(k) of the blocking matrix circuit 310
becomes X.(k)-X. (k). With respect to the target signal
incoming {rom the front, z(k)=0 1s established because X (k)
and X, (k) are equal. With respect to interference mcoming
from another direction, z(k) 1s not zero. As such, the blocking
matrix circuit 310 has an advantage of suppressing the target

signal.
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DISCLOSURE OF THE INVENTION

Problems to be Solved by the Invention

In order to prevent distortion, the maximum interval
between sensors, determined by the wavelength and the
sound speed, 1s set. Further, the value of the number of pieces
M of sensors also has an upper limit, practically. As such, the
frequency characteristics of the fixed blocking matrix circuit
which performs power estimation of interference are not flat,
and also, selectivity based on directions i1s not enough.
Accordingly, with the conventional art including that shown
in FIG. 31, an error may not be avoidable in the power esti-
mation depending on the frequency characteristics and
incoming direction of interference, causing performance
deterioration due to an inappropriate coeilicient updating
control of the adaptive array processing device.

It 1s an object of the present mnvention to provide an adap-
tive array processing device, an adaptive array processing
method, and their program, which enables an accurate coet-
ficient updating control irrespective of frequency character-
istics and incoming directions of mput signals to thereby
acquire high-quality array processing outputs which are less
influenced by frequency characteristics of iput signals and
directions of a target signal and interference.

Means for Solving the Problems

In order to achieve the above object, an adaptive array
control device according to the present invention includes: a
first 1dentification information generation section which
applies first array processing to signals acquired 1n a plurality
of sensors arranged 1n an array and calculates a relative ratio
between a target signal and interference based on phase infor-
mation to thereby acquire first identification information; a
correction signal generation section which generates a cor-
rection signal, using the first identification information, for
performing larger correction when target signal power 1s
higher than interference power; a second 1dentification infor-
mation generation section which calculates a relative ratio
between the target signal and the interference based on ampli-
tude information to thereby acquire second identification
information; a correction section which corrects the second
identification information according to the correction signal
to thereby acquire corrected 1dentification information; and a
control section which controls speed and accuracy of param-
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cter adjustment 1n adaptive array processing using the cor-
rected 1identification information.

In order to achieve the above object, an adaptive array
controlling method according to the present invention
includes: applying first array processing to signals acquired in
a plurality of sensors arranged 1n an array and calculating a
relative ratio between a target signal and interference based
on phase information to thereby acquire first identification
information; generating a correction signal, using the first
identification information, for performing larger correction
when target signal power 1s higher than interference power;
calculating a relative ratio between the target signal and the
interference based on amplitude information to thereby
acquire second 1dentification information; correcting the sec-
ond identification information according to the correction
signal to thereby acquire corrected identification information;
and controlling speed and accuracy of parameter adjustment
in adaptive array processing using the corrected identification
information.

In order to achieve the above object, an adaptive array
controlling program causes a computer to perform functions
of: applying first array processing to signals acquired 1n a
plurality of sensors arranged 1n an array and calculating a
relative ratio between a target signal and interference based
on phase iformation to thereby acquire first identification
information; generating a correction signal, using the first
identification information, for performing larger correction
when target signal power 1s higher than interference power;
calculating a relative ratio between the target signal and the
interference based on amplitude information to thereby
acquire second 1dentification information; correcting the sec-
ond identification information according to the correction
signal to thereby acquire corrected identification information;
and controlling speed and accuracy of parameter adjustment
in adaptive array processing using the corrected identification
information.

In order to achueve the object, an adaptive array processing,
device according to the present ivention includes: a sixth
array processing section which enhances a target signal with
respect to other signals to thereby acquire a sixth array-pro-
cessed signal; a seventh array processing section which
attenuates the target signal with respect to other signals to
thereby acquire a seventh array-processed signal; a correla-
tion elimination section which eliminates a signal component
correlated to the seventh array-processed signal from the
sixth array-processed signal and outputs the sixth array-pro-
cessed signal; a first 1dentification information generation
section which applies first array processing to signals
acquired 1n a plurality of sensors arranged 1n an array and
calculates a relative ratio between the target signal and 1nter-
ference based on phase information to thereby acquire first
identification information; a correction signal generation sec-
tion which generates a correction signal, using the first iden-
tification information, for performing larger correction when
target signal power 1s higher than interference power; a sec-
ond 1dentification information generation section which cal-
culates a relative ratio between the target signal and the inter-
ference based on amplitude imnformation to thereby acquire
second 1dentification information; a correction section which
corrects the second 1dentification information according to
the correction signal to thereby acquire corrected 1dentifica-
tion information; and a control section which controls speed
and accuracy of parameter adjustment 1n adaptive array pro-
cessing using the corrected identification information.

In order to achieve the above object, an adaptive array
processing method according to the present invention
includes: enhancing a target signal with respect to other sig-
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nals to thereby acquire a sixth array-processed signal; attenu-
ating the target signal with respect to other signals to thereby

acquire a seventh array-processed signal; when eliminating a
signal component correlated to the seventh array-processed
signal from the sixth array-processed signal and outputting
the sixth array-processed signal, applying first array process-
ing to signals acquired 1n a plurality of sensors arranged 1n an
array and calculating a relative ratio between the target signal
and 1interference based on phase information to thereby
acquire first identification information; generating a correc-
tion signal, using the first identification information, for per-
forming larger correction when target signal power 1s higher
than iterference power; calculating a relative ratio between
the target signal and the interference based on amplitude
information to thereby acquire second identification informa-
tion; correcting the second 1dentification information accord-
ing to the correction signal to thereby acquire corrected 1den-
tification information; and controlling speed and accuracy of
parameter adjustment 1n adaptive array processing using the
corrected 1dentification information.

In order to achieve the above object, an adaptive array
controlling program causes a computer to perform functions
of: enhancing a target signal with respect to other signals to
thereby acquire a sixth array-processed signal; attenuating
the target signal with respect to other signals to thereby
acquire a seventh array-processed signal; eliminating a signal
component correlated to the seventh array-processed signal
from the sixth array-processed signal and outputting the sixth
array-processed signal; applying first array processing to sig-
nals acquired 1n a plurality of sensors arranged 1n an array and
calculating a relative ratio between the target signal and 1nter-
ference based on phase information to thereby acquire first
identification information; generating a correction signal,
using the first i1dentification information, for performing
larger correction when target signal power i1s higher than
interference power; calculating a relative ratio between the
target signal and the interference based on amplitude infor-
mation to thereby acquire second 1dentification information;
correcting the second 1dentification information according to
the correction signal to thereby acquire corrected 1dentifica-
tion information; and controlling speed and accuracy of
parameter adjustment 1n adaptive array processing using the
corrected 1dentification information.

As described above, 1n an adaptive array control device, a
controlling method and their program, and an adaptive array
processing device, a controlling method and their program,
identification information of a target signal and interference
by amplitude 1s corrected according to i1dentification infor-
mation of the target signal and the intertference by phase, and
with use of the correction result, 1dentification of the target
signal and the interference 1s performed. More specifically,
the present ivention includes an identification information
generation section according to phase, a correction signal
generation section, and a correction section.

Eftects of the Invention

With the configuration described above, in the present
invention, as identification information of a target signal and
interference by amplitude 1s corrected according to identifi-
cation information of the target signal and the interference by
phases, 1t 1s possible to acquire highly accurate identification
information of the target signal and the disturbing 1n which
the 1dentification mnformation by amplitude and the 1dentifi-
cation mformation by phase are combined. As such, coelli-
cient updating control of the adaptive array processing device
can be performed appropriately, whereby high-quality array
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processing outputs which are less influenced by the frequency
characteristics and incoming directions of input signals can
be acquired.

BEST MODE FOR CARRYING OUT TH.
INVENTION

L1

Hereinatter, exemplary embodiments of the invention will
be described according to the drawings.

Embodiment

First Exemplary

FI1G. 11s a block diagram showing an adaptive array device
having an adaptive array control device according to a first
exemplary embodiment of the imnvention. The first exemplary
embodiment includes, in the conventional adaptive array con-
trol device shown 1n FIG. 31, 1n addition to an identification

information generation section configured of a blocking
matrix circuit 310 and an SIR calculation section 700, an
identification information generation section 820, a correc-
tion signal generation section 830, and a correction section
840 are included. The 1dentification information generation
section 850 configured of the identification information gen-
eration section 810, the 1dentification information generation
section 820, the correction signal generation section 830, and
the correction section 840 provide the same function as that of
the conventional i1dentification information generation sec-
tion 810. Hereinafter, configuration and effects will be
described mainly based on the operations of the identification
information generation section 820, the correction signal
generation section 830, and the correction section 840.

The 1dentification information generation section 820 gen-
crates mformation regarding identification of a target signal
and interference according to phase information of signals
obtained from M pieces of sensors 100, to 100, . This
information includes not only presence of target signals and
interferences but also a relative ratio of both signals. The
identification information obtained in the identification infor-
mation generation section 820 1s transmuitted to the correction
signal generation section 830. With use of the identification
information supplied from the identification information gen-
eration section 820, the correction signal generation section
830 generates a correction signal for correcting the 1dentifi-
cation information supplied from the identification informa-
tion generation section 810, and supplies 1t to the correction
section 840. The correction section 840 corrects the 1dentifi-
cation information supplied from the identification informa-
tion generation section 810 using the correction signal sup-
plied from the correction signal generation section 830, and
transmits the corrected 1dentification information to the con-
trol section 800.

If the corrected 1dentification information is larger than the
threshold, the target signal 1s prevailing 1n the mput signal,
and influence of the interference 1s low. As such, a control
signal for coelficient update 1s generated and supplied to the
adaptive blocking matrix circuit 300. In contrast, as coelli-
cient update of the multi-input canceller 1s disturbed by the
target signal, a control signal for halting coellicient update of
the multi-input canceller 1s generated and supplied to the
multi-input canceller 500. If the corrected identification
information 1s smaller than the threshold, coetflicient update
coellicient update 1s halted in the adaptive blocking matrix
circuit, and a signal for performing coelilicient update 1s gen-
erated 1n the multi-input canceller, and 1s supplied to the
adaptive blocking matrix circuit 300 and the multi-input can-
celler 500, respectively. Further, the value of the corrected
identification information calculated may be converted to a
gain which takes a large value 11 the target signal 1s prevailing
to the interference and takes a small value 1f 1t 1s not the case,
and supplied to the adaptive blocking matrix circuit 300 and
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the multi-input canceller 500. However, 1t 1s assumed that the
gain 1s normalized so as to have a value 1n a range between 0
and 1.

The adaptive blocking matrix circuit 300 and the multi-
input canceller 500 can control speed and accuracy of coet-
ficient update by replacing the product of the supplied gain
and a coetlicient update step s1ize with the coellicient update
step size. In the case of using an index which has a large value
close to 1 with respect to interference and has small correla-
tion with respect to a target signal instead of normalized
mutual-correlation, the same effects can be achieved. Conse-
quently, a coeflicient update control can be performed with
higher accuracy than the case of using a comparison result
with the threshold.

FIG. 2 shows an exemplary configuration of the identifica-
tion information generation section 820. The identification
information generation section 820 1s configured of leakage
blocking matrix circuits 330 and 340, and a correlation sec-
tion 920. Input signals of the leakage blocking matrix circuits
330 and 340 are equal to input/output signals of the conven-
tional blocking matrix circuit 310. The leakage blocking
matrix circuits 330 and 340 have symmetric structures, in
which gains with respect to a target signal incoming from the

front 1s the same, and have spatial selectivity for attenuating
the target signal. On the other hand, a phase different between
output signals of the leakage blocking matrix circuits 330 and
340 with respect to mterference imncoming from a direction
other than the front becomes a large value near 180 degrees.
The output signals of the leakage blocking matrix circuits 330
and 340 are supplied to the correlation calculation section
920. The correlation calculation section 920 calculates
mutual-correlation between outputs of the leakage blocking
matrix circuits 330 and 340, and transmuits 1t to the correction
signal generation section 830.

As a correlation, a normalized mutual-correlation which 1s

a result of dividing a value obtained by accumulating a prod-
uct of respective output samples of the leakage blocking
matrix circuits 330 and 340 with respect to a plurality of past
samples, by a product of square root of a result of accumu-
lating respective samples of the outputs of the leakage block-
ing matrix circuits 330 and 340 with respect to a plurality of
past sample respectively, for example. A normalized mutual-
correlation y(n) 1n a sample n, determined as described above,
1s given by the following expression:

|Expression 1]

T

(1)
vi(n —k)-va(n — k)
k

N-1 N—-1
\/z vi(n — k) -\/z v3(n — k)
k=0 =0

Here, v,(n) and v,(n) are outputs of the leakage blocking
matrix circuits 330 and 340, respectively. With an assumption
that an input signal 1s white, the Expression (1) can be
approximated by the following expression:

1
>

y(n) =

|Expression 2]

N—-1
{G2(i, 0) - cos[p(i, 0] + p- G*(i, 0))

(2)

1=0

¥ = ¥p, §) = ———

I GG, 0)+ p- G, 0)
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Here, G(1,0) 1s a (common) gain of the leakage blocking
matrix circuits 330 and 340 with respect to the i’ frequency
component and a direction 0, ¢(1, 0) 1s a phase diflerence
between output signals of the leakage blocking matrix cir-
cuits 330 and 340 with respect to the i” frequency component
and a direction 0, and p 1s an actual SIR. G(1,0) can be
calculated from actual configurations of the leakage blocking
matrix circuits 330 and 340.

With respect to a target signal incoming from the front,
outputs of the leakage blocking matrix circuits 330 and 340
are equal, and a normalized mutual-correlation with respect
to them has a large value near 1. On the other hand, with
respect to interference imncoming from a direction other than
the front, as outputs of the leakage blocking matrix circuits
330 and 340 have a large phase difference, the normalized
mutual-correlation becomes small. Accordingly, by transmit-
ting the normalized mutual-correlation calculated by the cor-
relation calculation section 920 to the control section 800, and
with use of a relationship with a predetermined threshold, a
coellicient update control signal of the adaptive blocking
matrix circuit 300 and the multi-input canceller 500 can be
generated.

Although operation has been described here by means of
an example of a normalized mutual-correlation, any index
can be used if1thas a large value near 1 with respect to a target
signal and has small correlation with respect to interference.
In contrast, the same effect can be expected even with an
index having a large value near 1 with respect to interference
and has small correlation with respect to a target signal.

FIG. 3 shows an exemplary configuration of the leakage
blocking matrix circuit 330. In FIG. 3, the blocking matrix
circuit 330 1s configured of multipliers 331, to 331, , ., sub-
tractors 3320 to 332, , ., and an adder 333. The multipliers
331, to 331,, , multiplies g, by i’ (i is an integer from 1 to
M-2) sensor signal x,(k), and outputs the product g x (k). The
subtractor 332, (1 1s an 1teger from 0 to M-2) calculates a
difference z.(k)=x,, ,(k)-gx.(k) between the M-1? sensor
signal X, . , (k) and an output of the multiplier 331, and trans-
mits to the adder 333. Here, 115 an integer in a range from 1 to
M-2. The subtractor 332, calculates a difference z,(k)=
XA, 1 (K)=X, (k) between the M-17 sensor signal x,,_,(k) and
the 0” sensor signal x,(k), and transmits to the adder 333. The
adder 333 adds all of the M-1 pieces of mput signals, and
outputs the addition result as z,(k). That 1s, z,(k) 1s given by
the Expression (3).

|Expression 3]

M—2

3)
k)= (M = D1 (k)= Y gmm(k) = xo(k)
m=1

FIG. 4 shows an exemplary configuration of the leakage
blocking matrix circuit 340. In FIG. 4, the blocking matrix
circuit 340 1s configured of multipliers 341, to 341,, ., sub-
tractors 342, to 342,, ,, and an adder 343. The multipliers
341, to 341,, , multiplies g, by i’ (i is an integer from 1 to
M-2) sensor signal x,(k), and outputs the product g x (k). The
subtractor 342, (11s an integer of from 1 to M-1) calculates a
difference z,(k)=x,(k)-g,x,(k) between the 0” sensor signal
X,(k) and an output of the multiplier 341, and transmuts to the
adder 343. Here, 11s an integer in a range of M-2 from 1. The
subtractor 342,, , calculates a difference z,, ,(k)=x,(k)-
X,,_;(K) between the 07 sensor signal x,(k) and the M—1?
sensor signal x,, ,(k), and transmits to the adder 343. The
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adder 343 adds all of the M-1 pieces of input signals, and
outputs the addition result as z,(k). That 1s, z,(k) 1s given by
the Expression (4).

|Expression 4]

M -2

)
2a(k) = (M = 1xotk) = > gmXm(k) = xXar—1 (k)
m=1

Assuming that the signal source 1s provided at a suificiently
distant, all signals incoming to a sensor can be expressed with
reference to any one of the signals. Now, assuming that x,(k)
1s a reference signal, x,(k) can be expressed by the following
eXpression.

[Expression 5]

x;(k)=z " xo(k) (3)

Here, z7*” is a delay corresponding to an interval between
adjacent sensors. By applying the Expressions (5), (3) and
(4), the Expressions (6) and (7) are established.

|Expression 6]

{

M -2 (6)
(M =1z M2 _ N gz -
\ m=1

23(k) = xo(k)-

|Expression 7]

1 M-=-2 Y (7)
za4(k) = xo(l)S (M - 1) — Z gmz—mﬂ _p(M-1D L
X m=1

A

When the gains G,(k) and G, (k) of the leakage blocking

matrix circuits 330 and 340 from the Expressions (6) and (7),
the Expressions (8) and (9) are established.

|Expression 8]

M -2

(8)
G3(ky= (M =z = X" g z7mP —
m=1

[Expression 9]

M-2 (9)
G4(k) — (M — 1) — Z ng_mD — Z_(M_”D
m=1

When applying, to the Expressions (8) and (9), conditions
that both of the gains G4(k) and G ,(k) of the leakage blocking

matrix circuits 330 and 340 becomes G(k), the Expression
(10) 1s established.

|Expression 10]
M2 M-2 (10)
2 [Z(m—M-I—l)D n Z(M—l—m)ﬂ] — gm(z—mﬂ +ZmD)
In order that the Expression (10) 1s established,
[Expression 11]

(11)

Em BM—1—m

1s to be established.
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This indicates that multiplier coetlicients of the leakage
blocking matrix circuits 330 and 340 are symmetrical. Fur-
ther, as multiplying all multiplier coellicients by a constant 1s
equal to multiplying outputs by a constant, the leakage block-
ing matrix circuits 330 and 340 may be configured to multiply
X4(k) and x,, (k) by a constant and then supply to a corre-
sponding subtractor. If a planar wave 1s assumed, signals
incoming from an orthogonal angle with respect to a sensor
array are all equal. When applying the Expression (11) after
the Expressions (3) and (4), and then applying the Expression
(5) where D=0, z,(k)=z,(k). That 1s, with respect to a signal
incoming irom the front, outputs of the leakage blocking
matrix circuits 330 and 340 are equal.

Assuming that g_=g, to all m with respect to the leakage
blocking matrix circuits 330 and 304 shown 1n FIGS. 3 and 4,

when the number of sensors 1s M, the gain G(1,0) included in

the Expression (2) 1s given by the following Expression.
|Expression 12]
( (M =17 +1+] 2 (12)
_I_
(M -2)¢}
M=z 0 2, .
Gli, 0) = < ( AM =2 —mgr + .mslz”m%(e)n— *“
— (4-2M)g, N
2AM — 1).cms[2ﬁ(M — DY, ID(Q)]

As obvious from FIGS. 3 and 4, the leakage blocking
matrix circuits 330 and 340 have symmetrical structures, and

satisty the Expression (11). Particularly, when g=1 (1 1s an
integer from 1 to M-2), the leakage blocking matrix circuits
330 and 340 have the configurations shown 1n FIGS. 5 and 6,
respectively. Due to the symmetric property of the structures,
respective output signals z,(k) and z,(k) provide a large phase
difference particularly in a low frequency with respect to
interference imcoming from a direction other than the front.
Further, with respect to a target signal incoming from the
front, z,(k)=z,(k)=0 1s established. Accordingly, to the target
signal, the normalized mutual-correlation between z,(k) and
z,(k) becomes zero.

Originally, as the normalized mutual-correlation should be
zero with respect to interference, the target signal and the
interference are not distinguishable 1n this state. As such, g =1
(11s an mteger from 1 to M-2) 1s set. Such a value of g, causes
z,(k) and z,(k) to leak the target signal to thereby prevent the
normalized mutual-correlation from becoming zero.

The normalized mutual-correlation calculated by the cor-
relation calculation section 920 using outputs of the leakage
blocking matrix circuits 330 and 340 configured as described
above generates a large difference with respect to the target
signal and the mterference, which enables to accurately dis-
tinguish the target signal and the interference using the nor-
malized mutual-correlation. This means a target signal block
where the target signal 1s prevailing and an interference block
where the mterference 1s prevailing can be separated accu-
rately. Further, instead of deciding (hard dec151011) one of the
target signal block and the interference block, 1t 1s possible to
continuously decide (soit decision) intermediate states
between the both.

Based on imnformation of the target signal block and the
interference block with high accuracy obtained 1n this man-
ner, by controlling parameters determining the following
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coellicient update step size and forgetting coetlicient, coelli-
cient update of the adaptive array processing device can be
controlled appropriately. Consequently, a high quality array
processing output less influenced by the frequency character-
1stics of iput signals and directions of the target signal and
the interference can be obtained.

FIGS. 7 and 8 show second exemplary configurations of
the leakage blocking matrix circuits 330 and 340. Compared
with FIGS. 3 and 4, the sensor signals x, . 5 (k) and x,(k) are
not used. Corresponding to this, the configuration does not
include the multiplier 331, ., and a subtractor 332, ., and a
multiplier 341, and a subtractor 342,. In other words, each of
the leakage blocking matrix circuits 330 and 340 may be
coniigured such that a path corresponding to a pair of sensors
having the widest interval has no multiplier, and other paths

are symmetrically provided with a coellicient g, and a sub-
tractor.

FIGS. 9 and 10 show third exemplary configurations of the
leakage blocking matrix circuits 330 and 340. Compared with
FIGS. 7 and 8, a sensor signal x,(k) 1s not used. When paying
attention to sensor signals x, (k) to x, ,_,(k), the same configu-
ration as that of FIGS. 7 and 8 1s adopted. That 1s, the leakage
blocking matrix circuits 330 and 340 may be configured such
that one of signals corresponding to a pair of sensors having
the widest interval 1s not used, and a path corresponding to a
pair of sensors having a second widest interval do not have a
multiplier, and other paths has a symmetric configuration in
which coellicient and a subtractor are arranged.

FIGS. 11 and 12 show fourth exemplary configurations of
the leakage blocking matrix circuits 330 and 340. Compared
with FIGS. 9 and 10, a sensor signal x,, ,(k) 1s not used.
When paying attention to sensor signals x, (k) to x,, ,(k), the
same configuration as that of FIGS. 7 and 8 1s adopted. That
1s, the leakage blocking matrix circuits 330 and 340 may be
configured such that signals corresponding to a pair of sen-
sors having the widest interval are not used, and a path cor-
responding to the closest pair of sensors interposed between
them does not have a multiplier, and other paths has a sym-
metric configuration in which coefficient and a subtractor are
arranged.

FIG. 13 shows a fifth exemplary configuration of the leak-
age blocking matrix circuit 330. In FIG. 13, the blocking
matrix circuit 330 1s configured of multipliers 331, and
331, ,, and a subtractor 332, (1 1s an mnteger from 1 to M-2).
The multiplier 331, multiplies g, by the i” sensor signal x,(k),
and outputs the product g X (k). The multiplier 331, multi-
plies g.., by the i+1” sensor signal x,, ,(k), and outputs the
product g, x. (k). The subtractor 332, calculates a differ-
ence z,(ky=g. x.. ,(K)-gx.(k)between an output of the mul-
tiplier 331, , and an output of the multiplier 331, and outputs
it. Note that when the conditions of the Expression (11) are
applied, g.. ,=g. 1s established. Further, 1t 1s needless to say
that such coefficients may be arranged after the subtractor

332 .. The configuration of that case 1s the same as that shown

in FIG. 32.

FIG. 14 shows a fifth exemplary configuration of the leak-
age blocking matrix circuit 340. In FIG. 14, the blocking
matrix circuit 340 1s configured of multipliers 341, and
341 ,, and a subtractor 342, (11s an integer from 1 to M-2).
The multiplier 341, multiplies g, by the i” sensor signal x,(k),
and outputs the product g X (k). The multiplier 341, multi-
plies g._, by the i+1? sensor signal x,, ,(k), and outputs the
product g, .x. (k). The subtractor 342, calculates a difier-
ence z,(ky=g x.(k)-g.. X, (k) between an output of the mul-
tiplier 341, and an output of the multiplier 341 _ ,, and outputs

it. Note that when the conditions of the Expression (11) are
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applied, g=g. . 1s established. Further, 1t 1s needless to say
that such coellicients may be arranged after the subtractor
342,

Five exemplary configurations regarding the leakage
blocking matrix circuits 330 and 340 have been described. In >
these five exemplary configurations, the number of pairs of
sensor signals combined via internal subtractors and corre-
sponding sensor intervals are different. It 1s configured that
outputs of all subtractors are set to have values which are
close to zero with respect to a target signal incoming from the
front. Outputs of the subtractors will not become zero with
respect to iterference incoming from a direction other than
the target signal. In other words, each of the subtractor out-
puts functions as a blocking matrix circuit independently.
However, each of the subtractor outputs has different fre-
quency response and directivity. This 1s due to the following
two grounds.

First, a relative delay between two sensor signals which are
subtractor inputs 1s grven 1n a form that a product ot a distance ¢
between sensors and sine of the signal incoming direction 1s
divided by sound velocity. Further, distances between sensors
are different in all subtractor outputs. The frequency charac-
teristics and directivity of subtractor outputs become func-
tions of distances between sensors. This means, in turn, sub- 25
tractor outputs corresponding to different distances between
sensors have different frequency characteristics and directiv-
ity. This 1s correct even 1I subtractors and adders are
exchanged. However, the different point 1s that a gain
becomes an iverse number of a gain of a subtractor. In the
case of using an adder, a target signal 1s enhanced. The fre-
quency characteristics and spatial selectivity in that case are
disclosed 1n FIG. 1.1 of Non-Patent Document 11.

In the case of subtractors, 1t 1s clearly understood that 1t 1s
only necessary to take inverse numbers of the characteristics
shown 1n FIG. 1.1 of Non-Patent Document 11 and normal-
1izing them. Referring to FI1G. 1.1, 11 distances between sen-
sors are constant, it 1s found that the spatial selectivity
becomes steeper as the mput signal frequency becomes 4
higher. In a low frequency, the beam angle 1s wide, and the
spatial selectivity deteriorates. If applying this to the case of
the subtractors, 1n a low frequency, the sensitivity 1s low with
respect to a target signal incoming from the front direction,
and the sensitivity 1s high with respect to a direction off the 45
front. However, transition from the direction of low sensitiv-
ity to the direction of high sensitivity 1s slow, so sufficient
spatial selectivity cannot be achieved. On the other hand, 1T a
sensor interval becomes wider, a relative delay becomes
larger, so steep spatial selectivity can be achieved. 50

According to this principle, in the five exemplary configu-
rations regarding the leakage blocking matrix circuits 330
and 340, a plurality of differences between signals acquired
from pairs of sensors having different intervals are calculated,
and by adding them, blocking matrix circuits having compre- 55
hensively excellent spatial selectivity are acquired. With this
configuration, differences between signal pairs obtained from
sensors of wide intervals act effectively with respect to low-
frequency signals, and differences between signal pairs
obtained from sensors of narrow 1ntervals act effectively with 60
respect to high-frequency signals, and excellent spatial selec-
tivity can be realized with respect to wide-band signals. As
such, the leakage blocking matrix circuits 330 and 340 can
suppress the target signal with excellent frequency character-
1stics and spatial selectivity. In the five exemplary configura- 65
tions, as different subtractor outputs are used respectively,
different spatial selectivity can be realized. Of course, the
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spatial selectivity 1s more excellent as the number of types of
substrate outputs 1s larger, and the order 1s exemplary con-
figuration 1, 2, 3, 4, and 5.

A common aspect of blocking matrix circuits configuring
those pairs 1s that the structure 1s symmetry and a gain with
respect to the front 1s equal. This has been shown 1n Expres-
sion (11). As such, outputs are equal with respect to a target
signal, and a phase difference between outputs with respect to
interference becomes a value close to 180 degrees. Accord-
ingly, the correlation between these blocking matrix circuit
outputs 1s large with respect to a target signal, and 1s small
with respect to interference. As long as these characteristics
are held, the blocking matrix circuits configuring these pairs
may take any structures. For example, the configuration of the
blocking matrix circuits 330 and 340 can be the one 1n which
a plurality of blocking matrix circuits corresponding to a
plurality of sensor intervals are combined. In this example,
null can be formed 1n the target signal direction by adjusting
the filter characteristics in the filter-and-sum beamiformer
described above. Array processing for forming such null 1s
performed respectively for a plurality of times corresponding,
to a plurality of sensor intervals, and the results can be com-
bined.

The correction signal generation section 830 generates a
correction signal used in the correction section 840 using
normalized mutual-correlation supplied from the identifica-
tion information generation section 820. As obvious from the
Expression (2), the normalized mutual-correlation v hat
becomes a function of p which 1s an actual SIR, and the range
1s between -1 to +1. In particular, if the normalized mutual-
correlation v hat takes a large value, the target power is
extremely larger than the interference power. In that case, the
correction signal generation section 830 generates a large
gain K (v hat). If 1t 1s not the case, the correction signal
generation section 830 generates a small gain K (v hat).
Accordingly, the gain K (y hat) becomes an increase function
of v hat. In other words, the gain 1s determined such that a
larger correction will be performed when the target signal
power 1s larger than the interference power. As an example of
such a function, a linear function in a log domain of v hat may
be considered. That 1s, 1t 1s a gain K (v hat) having a linear
relationship with the log of v hat, which can be expressed as
the Expression (13).

[Expression 13]

K(NH=:(V-¥,) (13)

Here, 6 and v.-are constants. In order to set these constants,
two conditions are required. A first condition 1s when 1denti-
fication between a target signal and interference 1s unneces-
sary, that 1s, when p=0 dB. At this time, as 1t 1s required that
the Expression (2) 1s also satisfied, p=0 dB can be made in the
Expression (2). However, as v hat also depends on the signal
incoming direction 0, it cannot be determined uniquely. An
example of changes of v hat changes with respect to various 0
has been shown 1n FI1G. 16. Here, considering that to which 0
the gain K 1s most important, it 1s easily understood that 1t 1s
a smaller 0. This 1s because, with respect to a smaller 0, 1n
array processing 1 which a target signal 1s assumed to be
incoming from the front, identification between a target sig-
nal and interference becomes difficult, and the accuracy of the
estimated SIR becomes low. For an SIR of low estimation
accuracy, the necessity of correction increases.

Now, 1n the graph as shown in FIG. 16, 1f the minimum
value of the estimated interference mcoming direction 1s set,
the value of v hat corresponding to 0 min which 1s the direc-
tion thereof may be set to be v.. If the steering 1s non-zero, 1t
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1s only necessary to correct Omin corresponding to the steer-
ing amount to thereby set the value of y,. Determination of 0
which 1s another constant has trade-oif. The value of 0 1s
determined while considering the correction level of an SIR
estimated 1n an actual environment for obtaining a value
closet to the actual SIR. For example, 1n the case of using a
microphone array consisting of four microphones in a typical
room, an appropriate correction was achieved by setting 0 to
be 70. It should be noted that although an example of using a
linear function of v hat 1n calculation of K 1n the correction
signal generation section 830 has been described, it 1s clearly
understood that this may be any function or polynomaial.

The gain K acquired by the function designed 1n this man-
ner 1s transmitted to the correction section 840. The correc-
tion section 840 multiplies the estimation SIR supplied from
the 1dentification information generation section 810 by the
gain K supplied from the correction signal generation section
830, and transmits the product to the control section 800.
Although an example of multiplies the correction in the cor-
rection section 840 multiplies the gain K, it 1s clearly under-
stood that correction defined by simple addition, a more com-
plicated function, polynomial or the like, other than
multiplication, can be applied.

FIG. 15 shows a second exemplary configuration of the
identification information generation section 820. The sec-
ond exemplary configuration of the identification information
generation section 820 1s configured such that a filter 334 1s
provided between the leakage blocking matrix circuit 330 and
the correlation calculation section 920 and a filter 344 1s
provided between the leakage blocking matrix circuit 340 and
the correlation calculation section 920, in the first exemplary
configuration shown 1n FIG. 2. The filters 334 and 344 are
designed such that a frequency, where the spatial selectivity
defined by the blocking matrix circuits 330 and 340, 1n par-
ticular, attenuation characteristics with respect to a direction
other than the front becomes flat with respect to a direction,
becomes a pass band thereof.

With the filters 334 and 344, the mutual-correlation calcu-
lated by the correlation calculation section 920 with use of
output signals of these filters causes a large difference
between a target signal and interference, whereby distinction
between a target signal and interference using mutual-corre-
lation can be performed accurately. This means a target signal
block where a target signal 1s prevailing and an interference
block where interference 1s prevailing can be separated. Other
operations and their effects are the same as those of the first
exemplary configuration which have been described using
FIG. 2.

Inthe above description, a value of a parameter g, 1n the first
and second exemplary embodiments of the identification
information generation section 820 has not been discussed.
However, it has been described that 1n order to prevent output
signals of the leakage blocking matrix circuits 330 and 340
from becoming zero with respect to the target signal, the value
must be other than 1. As such, 11 g=1, 1t 1s understood that the
value of g, 1s preterably around 1 in order to cause a large
phase difference. Actually, when calculating a normalized
mutual-correlation with an assumption that a signal incoming
to the sensor 1s a white signal, 1t becomes a function of a phase
difference @ of true SIR p, a signal incoming direction 0, and
output signals of the leakage blocking matrix circuits 330 and
340.

When calculating gains and phases of the leakage blocking
matrix circuits 330 and 340 with an assumption that the range
of signal incoming direction 0 1s 30 to 90 degrees, the signal
band 1s 500 to 1500 Hz, and the number of sensors 1s 4, a
normalized mutual-correlation vy hat can be plotted with

10

15

20

25

30

35

40

45

50

55

60

65

18

respect to a particular SIR p. In the case of the signal incom-
ing direction 0 being on the horizontal axis and the normal-
1zed mutual-correlation v hat being plot on the vertical axis
with respect to p=0 dB and p=-o0 dB, FIG. 16 1s obtained.

As 1t 1s preferable that only a single vy hat1s determined with
respect to 0 of wide range, the locus of a v hat value 1s
preferably near horizon. Further, ranges of v hats correspond-
ing to p=0dB and p=-cc dB must not overlap each other. This
1s for obtaining clearly different v hats for p=0 dB 1n which
target signal and interference 1s combined at the almost same
ratio and for p=-o0c dB in which the power of interference 1s
overwhelmingly higher with respect to a target signal. When
plotting a v hat with respect to g, near 1 1in these conditions, the
optimum value of g, 1s 0.92. FIG. 16 shows a locus of a y hat
acquired with respect to the optimum value g=0.92 1n the
above conditions, provided that the pass band of the filters
334 and 344 1s set to be 500 to 1,500 Hz 1n correspondence
with the voice.

FIG. 17 shows a third exemplary configuration of the 1den-
tification information generation section 820. The third
exemplary configuration of the idenftification information
generation section 820 includes, in the second exemplary
configuration, a leakage blocking matrix circuit 350 and a
filter 354, and a leakage blocking matrix circuit 360 and a
filter 364, 1n addition to the leakage blocking matrix circuit
330 and the filter 334 and the leakage blocking matrix circuit
340 and the filter 344. The leakage blocking matrix circuit
360 1s for providing an effect to a high-range signal with
respect to the leakage blocking matrix circuit 330 acting
mainly on a low-range signal by the filter 334. As such, the
pass band of the filter 364 1s set to be higher than the passband
of the filter 334 and to cover wider frequency bands when the
pass bands of the filters 334 and 364 are combined.

That 1s, the processing performed by the leakage blocking
matrix circuit 330 1n the first exemplary configuration 1s to be
performed by the leakage blocking matrix circuits 330 and
360 for respective frequency bands. An output of the filter 364
1s transmitted to the multiplier 365. The multiplier 365
enhances a high-frequency component so as to almost equal
the power of an output of the filter 364 and the power of an
output of the filter 334. For example, 11 a signal band to be
input to a sensor 1s 8 kHz, a coellicient of the multiplier 365
can be set to be around 3. An output of the multiplier 365 1s
transmitted to the adder 336, and 1s added to the output of the
filter 334. The addition result 1s supplied to the correlation
calculation section 920.

Similarly, the leakage blocking matrix circuit 350 1s for
providing an etlect to a high-range signal with respect to the
leakage blocking matrix circuit 340 mainly acting on a low-
range signal by the filter 344. As such, the pass band of the
f1lter 354 1s set to be higher than the pass band of the filter 344
and cover wider frequency bands when the filters 344 and the
354 are combined. An output of the filter 354 1s transmuitted to
the multiplier 355. The multiplier 355 enhances a high fre-
quency component so as to almost equal the power of an
output of the filter 354 and the power of an output of the 344.
Accordingly, the coelficient of the multiplier 355 can be the
same value as the coellicient of the multiplier 365. An output
of the multiplier 355 1s transmitted to the adder 346, and 1s
added to an output of the filter 344. The addition result 1s
supplied to the correlation calculation section 920.

With the leakage blocking matrix circuits 350 and 360 and
the filters 354 and 364, as a signal component of a frequency
band, which has not been used when they were not present,
can be used, mutual-correlation calculated by the correlation
calculation section 920 causes a large difference between a
target signal and an interference, so that distinction between
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the target signal and the interference using mutual-correl
can be performed accurately. This means a target signal block
where a target signal 1s prevailing and an interference block
where mterference 1s prevailing can be distinguished accu-
rately. Other operations and their effects are the same as those
of the first exemplary embodiment which have been
described using FIG. 1.

As obvious from the above description, the leakage block-
ing matrix circuits 350 and 360 have symmetric configura-
tions and the same g, value, which 1s the same as the leakage
blocking matrix circuit 330 and 340. FIGS. 18 and 19 show
examples of a phase difference @ of an output signal caused by
the combination of the leakage blocking matrix circuits 330
and 340, and a phase difference @ of an output signal caused
by the combination of the leakage blocking matrix circuits
350 and 360, respectively. It 1s calculated that the number of
sensors 1s 4, and the signal band 1s 8,000 Hz, and the vertical
axis 1s 1ndicated as cosine (COS @) of a phase difference o.
From these drawings, 1t 1s found that when the signal incom-
ing direction DOA 1s close to 0, the cosine value 1s 1 regard-
less of the frequency. This corresponds to the target signal.

On the other hand, 11 the signal incoming direction DOA 1s
distant from 0, the cosine value 1s -1 1n only a specific fre-
quency band. This corresponds to interference. The fre-
quency bands where the cosine value becomes -1 are differ-
ent 1n FIGS. 18 and 19, and the central frequency 1s about
1,000 Hz in FIG. 18, and 1s about 3,000 Hz in FIG. 19. That
1s, a frequency band where the normalized mutual-correlation
becomes —1 with respect to interference 1s higher 1n FIG. 19.
Accordingly, by processing outputs of the leakage blocking
matrix circuits 330 and 340 and outputs of the leakage block-
ing matrix circuits 350 and 360 by bandpass filters which pass
corresponding frequency bands respectively, a phase differ-
ence between a pair of leakage blocking matrix circuit out-
puts can be calculated as an index which becomes 1 with
respect to a target signal and becomes —1 with respect to
interference.

In the third exemplary configuration described using FIG.
17, an 1nput signal to the correlation calculation section 920
has been calculated using two pairs of leakage blocking
matrix circuits. However, 1t 1s clearly understood that the
number of pairs of leakage blocking matrix may be increased.
Next, a method of designing a leakage coellicient g, 1n a
leakage blocking matrix circuit 1n the case that there are a
plurality of pairs of leakage blocking matrix circuits will be
described.

FIG. 20 1s a flowchart showing a design procedure of a
leakage coetlicient g, 1n a leakage blocking matrix circuit.
First, a signal band which should be processed by a pair of
object leakage blocking matrix circuits and a minimum value
0 min of a signal incoming direction (DOA) 0 considered as
interference are designated (SlOl) Next, a leakage coetli-
cient g, considered as appropriate 1s set (S102). According to
these settings, the v hat when the actual power ratio (SIR) p of
the target s1 gnal to the interference 1s 0 dB 1s calculated usmg
the Expression (2) with respect to 0 which 1s larger than 0 min
and smaller than 90 degrees. The gain G (1, 0) 1n the Expres-
s10n (2) can be calculated corresponding to the configuration
of the leakage blocking matrix circuit it i1t 1s determined. The
gain in the case of using the configurations shown i FIGS. 3
and 4 becomes the one shown in the Expression (12). Simi-
larly, the v hat when p 1s co dB 1s calculated with respect to O
which 1s larger than 0 min and smaller than 90 degrees (S103).

It 1s checked whether or not the loci cross each other when
these p are shown as in FIG. 16 (S104). When they cross each
other, the signal incoming direction (DOA) 0 corresponding
to a node corresponds to both p=0 dB and o dB, so 1t 1s
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impossible to distinguish a state where the power of a target
signal and the power of interference 1s almost equal and a state
where the power of a target signal 1s overwhelmingly higher
than the power of interference. As this phenomenon 1s caused
by the value of a leakage coelficient g, which has been set
primarily, the processing so far 1s again performed using
another leakage coeflicient g,. It no locus crosses, the leakage
coellicient g, and data of the vy hat corresponding to p=0 dB 1s
stored (5105).

Here, 1f evaluation 1s performed with another leakage coet-
ficient g, the procedure up to this point 1s repeated from the
start (S106). Up to this point, data of v hat corresponding to at
least one leakage coelficient g, have to be obtained. Further, 1f
data of vy hat corresponding to a plurality of leakage coefti-
cients g, are obtained up to this point, one value 1s selected.
This selection 1s performed in the following procedure.

First, 1t 1s checked whether there 15 a leakage coelficient g,
in which the polarity of v min hat and the polarity of y max hat
1s opposite (S107).

Here, v min hat and vy max hat are the minimum value and
the maximum value of v hat respectively obtained when
changing 0 with p=0 dB. When such a leakage coeflficient g,
1s present, a leakage coetficient g, in which the absolute value
of the average of v min hat and vy max hat becomes the
minimum 1s selected (S108). This indicates thaty hat obtained
when changing 0 with p=0 dB 1s distributed around zero, and
the accuracy of calculating p from v hat can be high. If there
1s no leakage coetlicient g, satistying the above conditions, g,
where distribution with respect to 0 of v hat when p=0 dB
becomes the minimum 1s selected (S109).

By repeating the above procedures with respect to different
frequency bands, a configuration having a plurality of pairs of
leakage blocking matrix circuits can be designed. At this
time, although respective frequency bands are selected 1n a
manner of not overlapping each other basically, a serious
problem will not be caused unless they overlap in an
extremely large amount. As described above, with a plurality
of pairs of vertical connections of leakage blocking matrix
circuits and filters being provided, signal components of fre-
quency bands which have not been used when those pairs
were not present can be used. As such, a mutual-correlation
calculated by the correlation calculation section 920 causes a
large difference between a target signal and interference, and
distinction between the target signal and the interference
using mutual-correlation can be performed accurately. This
means that a target signal block where the target signal 1s
prevailing and an interference block where the interference 1s
prevailing can be separated accurately. Other operations and
their effects are the same as those of the first exemplary
embodiment which has been described using FIG. 1.

FIG. 21 shows a second exemplary configuration of the
identification information generation section 810. The differ-
ence from FIG. 31 in which the first exemplary configuration
1s a gain control section 900. The gain control section 900
corrects an estimation value of the target signal power adap-
tively corresponding to the characteristics of the target signal.
As such, 1t 1s possible to enhance a specific frequency com-
ponent adaptively to thereby realize a frequency and spatial
selectivity having high flatness, so that the target signal power
can be estimated accurately. The target signal power, which 1s
estimated accurately, 1s transmitted to the SIR estimation
section and used for SIR calculation. Based on the estimated
SIR value with high accuracy acquired 1n this manner, it 1s
possible to appropriately control coelficient update of the
adaptive array processing device by controlling parameters
determining the following property and the operational accu-
racy of adaptive filters such as a coetlicient update step size
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and a forgetting coellicient. As a result, 1t 1s possible to
acquire high-quality array processing outputs which are less
influenced by the frequency characteristics of input signals
and directions of the target signal and the interference.

FIG. 22 shows an exemplary configuration of the gain
control section 900. The gain control section 900 includes a
storage section 901, a Fourier transform section 902, an ana-
lyzing section 903, a gain calculation section 904, a spectrum
correcting section 903, an inverse Fourier transform section
906, and a storage section 907. An output of the fixed beam-
tformer 200 1s supplied to the storage section 901 and 1is
framed. The framed signal 1s transmitted to the Fourier trans-
form section 902 and 1s applied with Fourier transform. The
Fourier transform result 1s supplied to the analyzing section
903 and the spectrum correcting section 903. The analyzing
section 903 analyzes the input signal using the Fourier trans-
form result, and detects an 1put signal having a specific
characteristic. The imnformation regarding the characteristics
of the mput signal and the detection result are transmuitted to
the gain calculation section 904. Although typical informa-
tion regarding the characteristics of the input signal 1s spec-
trum, the amount of characteristic such as cepstrum and 1nfor-
mation 1n which cepstrum is thinned out may be used in place
of spectrum. The gain calculation section 904 calculates a
correction gain corresponding to the iput signal, and sup-
plies it to the spectrum correcting section 905.

An example of a specific characteristic may be fricative
sound. It 1s known that the frequency spectrum of a fricative
sound has a power up to a higher range, and 1s flat compared
with a non-fricative sound. With these facts, an appropnate
correction gain can be obtained according to the power value
in a high range and flatness of spectrum. Specifically, a high-
range power and spectrum flatness are compared with refer-
ence values, and a value according to the magmtude relation-
ship may be set as a correction gain. Further, in a simpler
example, i the high range power and spectrum flatness are
larger than the predetermined threshold, a correction gain
may be set to a value other than 1, and 1f not, a correction gain
may be set to 1. The value of correction gain may be the same
or different for respective frequency components.

The spectrum correcting section 905 corrects spectrum by
correcting the Fourier transform result supplied from the
Fourier transform section 902 by using one or more correc-
tion gains supplied from the gain calculation section 904.
Specifically, the spectrum correcting section 905 corrects
amplitude or power of the Fourier transform result with a
correction gain, and supplies the result to the inverse Fourier
transiorm section 906. The phase information 1s directly sup-
plied to the inverse Fourier transtorm section 906 without any
correction. The inverse Fourier transiorm section 906 applies
inverse Fourier transform to the data supplied from the spec-
trum correcting section 903, and transmits the result to the
storage section 907. The storage section 907 outputs stored
data by one sample to thereby apply inverse-frame to the
signal sample. It 1s clearly understood that the Fourier trans-
form section 902 and the inverse Fourier transform section
906 may be replaced with another pair of transform/inverse
transform processing. Examples of such transtorm include
cosine transform, correction discrete cosine transform also
known as MDCT, Hadamard transtorm, and Haar transtorm.
Further, prior to such transform processing, or following
iverse transform processing, window processing using a
window function may be performed so as to improve accu-
racy of a high-range component, particularly.

FI1G. 23 shows another exemplary configuration of the gain
control section 900. The gain control section 900 shown 1n
FIG. 3 includes a band division filter bank 911, an analyzing
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section 912, a gain calculation section 913, a spectrum cor-
recting section 914, and a band synthesis filter bank 915. An
output of the fixed beamiormer 200 1s supplied to the band
division filter bank 911, and i1s divided into a plurality of
frequency bands. Signals of the respective frequency bands
are supplied to the analyzing section 912 and the spectrum
collecting section 914. Operation of the analyzing section 912
and the gain calculation section 913 are the same as those of
the analyzing section 903 and the gain calculation section
904. The spectrum correcting section 914 uses one or more
correction gains supplied from the gain calculation section
913 to correct the level of each frequency band signal, and
transmits the result to the band synthesis filter bank 915. The
band synthesis filter bank 915 synthesizes data supplied from
the spectrum correcting section 914, converts into a whole
band signal, and outputs the result. Different from the exem-
plary configuration shown 1n FIG. 22, the present exemplary
configuration 1s capable of performing equivalent processing
by sequential processing without accumulating signal
samples 1n the storage circuit. As such, a delay due to a gain
control can be reduced, and the following characteristics with
respect to the varying system will be increased.

It should be noted that the respective frequency bands of
the band division filter bank and the band synthesis filter bank
may have equal or unequal 1ntervals. In this case, by dividing
the band 1n unequal intervals, it 1s possible to lower the time
resolution by dividing the bank to have narrow bands in the
low frequency and to increase the time resolution by dividing
the bank to have wide bands 1n the high frequency. Typical
unequal division includes octave division in which the band
becomes a half sequentially toward a lower band, and critical
band division corresponding to human auditory characteris-
tics. It has been known that unequal division has high consis-
tency with audio signals, particularly. It should be noted that
as the detail of the band division filter bank and the band
synthesis filter bank and their design method are disclosed 1n
Non-Patent Document 12, they are omitted.

FIG. 24 shows a third exemplary embodiment of the 1den-
tification imnformation generation section 810. A difference
from that shown 1n FIG. 21 showing the second exemplary
configuration 1s a multiple blocking matrix circuit 320. Here-
inafter, configuration and effects will be described mainly
based on the operation of the multiple blocking matrix circuit
320.

Input/output signals of the multiple blocking matrix circuit
320 are equal to the mput/output signals of the blocking
matrix circuit 310 of the second exemplary configuration.
FIG. 25 shows a first exemplary configuration of the multiple
blocking matrix circuit 320. In FI1G. 25, the multiple blocking
matrix circuit 320 includes subtractors 321,t0 321,, , and an
adder 322. The configuration of FIG. 25 1s the same as the
configuration of FIG. 6 which has been described above, the
clfects thereotf are also the same.

FIG. 26 shows a second exemplary configuration of the
multiple blocking matrix circuit 320. In FIG. 26, the multiple
blocking matrix circuit 320 includes subtractors 321, to

321,, ,.filters323,t0323,, ,, and an adder 322. A subtractor
1 calculates a difference z.(k)=X,(k)-X.(k) between the first
sensor signal X, (k) and the i”” sensor signal X (k), and trans-
mits the difference to the filter 323,. A signal 11s an integer in
the range from 0 to M-2. The filter 323, transmits a signal
component of a pass band to the adder 322. The adder 322
adds all of the M-1 pieces of mput signals, and output the
addition result as z(k). The pass band of the filter 323, is
determined by the microphone interval between the 07 and
the i””. The filter 323, is designed such that the frequencies in
which the directivity determined by the 07 and the i”” micro-
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phone signals, particularly, attenuation characteristics with
respect to directions other than the front, become flat with

respect to the directions, becomes a pass band.

The multiple blocking matrix circuit 320 may have another
configuration. In a series array configured of M pieces of
sensors, an interval between two sensors 1s set to be D, 2D,
3D, - - - or (M-1)D, from the shortest. There are M—1 pairs of
sensors 1n which the sensor interval 1s D, and M-2 pairs of
sensors 1n which the sensor interval 1s 2D, and similarly, there
are one pair 1n which the sensor mterval 1s (M-1)D. Accord-
ingly, the multiple blocking matrix circuit 320 exhibits the
above-described effects as long as 1t has a configuration such
that a pair of sensors corresponding to each sensor 1interval 1s
set, and differences between signals obtained therefrom are
calculated, and the differences are added by the adder 322.
Such an exemplary configuration i1s shown in FIG. 27 as a
third exemplary configuration. In FIG. 27, operation of the
subtractors 321, and 321, , , 1s different from that shown 1n
FIG. 26. Although, in FIG. 26, those subtractors output dii-
ferential signals corresponding to sensor intervals D and
(M-1)D, 1n FIG. 27, they output differential signals corre-
sponding to sensor itervals (M-1)D and D. Besides, various
similar configurations can be adopted. It should be noted that
it 1s clearly understood that a configuration not having the
filters 323, to 323,, , 1s also acceptable 1n FIG. 27.

Even 1n the case of a configuration not using signals cor-
responding to specific sensor intervals 1n FI1G. 26, a blocking
clfect of a target signal 1s higher than that of the conventional
blocking matrix circuit 310. FIG. 28 shows a fourth exem-
plary configuration of the multiple blocking matrix circuit
320. Compared with FIG. 26, FIG. 28 does not include the
subtractor 321,. As such, as there 1s no differential signal
corresponding to a sensor interval of 2D, no eflect caused by
the sensor interval 2D 1s expectable. However, with signals
corresponding to other sensor intervals, 1t 1s possible to obtain
the blocking matrix circuit having comprehensively-excel-
lent spatial selectivity, although 1t 1s less than the example of
FIG. 26. It should be noted that it 1s clearly understood that a
configuration not having the filters 323, to 323,, , 1s also
acceptable 1n FIG. 28.

The configuration of the blocking matrix circuit 320 can be
the one 1n which a plurality of blocking matrix circuits cor-
responding to a plurality of sensor intervals are combined. For
example, null can be formed 1n the target signal direction by
adjusting the filter characteristics 1n the filter-and-sum beam-
tformer described above. Array processing for forming such
null 1s performed independently for a plurality of times cor-
responding to a plurality of sensor intervals, and the results
can be combined.

FIG. 29 shows a fourth exemplary configuration of the
identification mmformation generation section 810. The rela-
tionship between the fourth exemplary configuration and the
third exemplary configuration shown in FIG. 24 1s the same as
the relationship between the first exemplary configuration
described 1n FIG. 31 and the second exemplary configuration
described 1n FIG. 21, and a difference 1s only the gain control
section 900. Accordingly, as the operation and effects have
been clear, the description 1s omitted.

Second Exemplary Embodiment

FIG. 30 1s a block diagram showing an adaptive array
device having an adaptive array control device according to a
fourth exemplary embodiment of the invention. The second
exemplary embodiment of the imnvention includes a computer
(CPU; processor; data processing device) 1000 which oper-
ates 1n accordance with a program control, input terminals
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101, to 101,, ,, and an output terminal 600. The computer
(CPU; processor; data processing device) 1000 includes the
fixed beamiformer 200, the adaptive blocking matrix circuit
300, the delay element 400, the multi-input canceller 500, the
identification mmformation generation sections 810 and 820,
the correction signal generation section 830, the correction
section 840, and the controller 800.

Target signals and interferences supplied to the 1nput ter-
minals 101, to 101,, , are supplied to the array processing
device 1 the computer 1000 where the interferences are
suppressed. The main components of the array processing
device are the fixed beamformer 200, the adaptive blocking
matrix circuit 300, the delay element 400, and the multi-input
canceller 500. The adaptive mode control device including
the 1dentification information generation sections 810 and
820, the correction signal generation section 830, the correc-
tion section 840 and the control section 800 controls accuracy
and coellicient updating speed of adaptive filters included 1n
the adaptive blocking matrix circuit 300 and the multi-input
canceller 500.

The adaptive mode control device receives outputs of a
group of a plurality of sensors, corrects identification infor-
mation of the target signal and the interference by amplitude,
according to identification information of the target signal
and the interference by phase, and performs i1dentification of
the target signal and the interference using the correction
result. Whereby, highly accurate identification information of
the target signal and the interference, 1n which identification
information by amplitude and i1dentification mnformation by
phase are combined, can be acquired. As such, a coelficient
updating control of the adaptive array processing device can
be performed appropnately, so high-quality array processing
outputs can be obtained.

Although description has been given above using micro-
phones as sensors, sensors such as ultrasonic sensors, sonar
receivers, and antennas may be used instead of microphones.

While the mvention has been particularly shown and
described with reference to exemplary embodiments thereof,
the ivention 1s not limited to these embodiments. It will be
understood by those of ordinary skill 1n the art that various
changes 1n form and details may be made therein without
departing from the spirit and scope of the present invention as
defined by the claims.

INDUSTRIAL APPLICABILITY

According to the present invention, a coeificient updating
control of an adaptive array processing device can be per-
formed approprately, so that it 1s possible to obtain high-
quality array processing outputs which 1s less mfluenced by
the frequency characteristics of 1input signals and directions
of a target signal and interference. Accordingly, 1t 1s possible
to enhance and receive only a specific signal from among a
plurality of signal sources. This method 1s widely applicable
to acquisition of audio signals by adaptive microphone array,
and wireless transmission-reception devices by means of
sonar and adaptive antenna array in the hydroacoustic field,
providing large effects on businesses of those fields.

BRIEF DESCRIPTION OF THE DRAWINGS

FIG. 1 1s a block diagram showing an adaptive array device
having an adaptive array control device according to a first
exemplary embodiment of the invention.

FIG. 2 1s a block diagram showing a first exemplary
embodiment of the identification information generation sec-
tion 820.
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FIG. 3 1s a block diagram showing a first exemplary con-
figuration of the leakage blocking matrix circuit 330.

FIG. 4 1s a block diagram showing a first exemplary con-
figuration of the leakage blocking matrix circuit 340.

FIG. 5 15 a block diagram showing an exemplary configu-
ration 1n which leakage of the leakage blocking matrix circuit
330 is zero.

FIG. 6 1s a block diagram showing an exemplary configu-
ration 1n which leakage of the leakage blocking matrix circuit
340 is zero.

FIG. 7 1s a block diagram showing a second exemplary
configuration of the leakage blocking matrix circuit 330.

FIG. 8 1s a block diagram showing a second exemplary
configuration of the leakage blocking matrix circuit 340.

FIG. 9 1s a block diagram showing a third exemplary con-
figuration of the leakage blocking matrix circuit 330.

FIG. 10 1s a block diagram showing a third exemplary
configuration of the leakage blocking matrix circuit 340.

FIG. 11 1s a block diagram showing a fourth exemplary
configuration of the leakage blocking matrix circuit 330.

FIG. 12 1s a block diagram showing a fourth exemplary
configuration of the leakage blocking matrix circuit 340.

FIG. 13 1s a block diagram showing a fifth exemplary
configuration of the leakage blocking matrix circuit 330.

FIG. 14 1s a block diagram showing a fifth exemplary
configuration of the leakage blocking matrix circuit 340.

FIG. 15 1s a block diagram showing a second exemplary
configuration of the identification information generation
section 820.

FIG. 16 shows a signal incoming direction and normalized
mutual-correlation with respect to a plurality of signal to
interference ratio.

FIG. 17 1s a block diagram showing a third exemplary
configuration of the identification information generation
section 820.

FIG. 18 1s a block diagram showing cosine of an output
phase difference between the leakage blocking matrix cir-
cuits 330 and 340.

FIG. 19 1s a block diagram showing cosine of an output
phase difference between the leakage blocking matrix cir-
cuits 350 and 360.

FIG. 20 1s a flowchart showing an example of design
method of a leakage coellicient.

FIG. 21 1s a block diagram showing a second exemplary
configuration of the identification information generation
section 810.

FIG. 22 1s a block diagram showing a first exemplary
configuration of a gain control circuit 900.

FI1G. 23 1s a block diagram showing a second exemplary
configuration of the gain control circuit 900.

FIG. 24 1s a block diagram showing a third exemplary
configuration of the identification information generation
section 810.

FIG. 25 15 a blocking diagram showing a first exemplary
configuration of the multiple blocking matrix circuit 320.

FI1G. 26 1s a blocking diagram showing a second exemplary
configuration of the multiple blocking matrix circuit 320.

FIG. 27 1s a blocking diagram showing a third exemplary
configuration of the multiple blocking matrix circuit 320.

FI1G. 28 1s a blocking diagram showing a fourth exemplary
configuration of the multiple blocking matrix circuit 320.

FIG. 29 1s a block diagram showing a fourth exemplary
configuration of the identification information generation
section 810.

FIG. 30 1s a block diagram showing an adaptive array
device having an adaptive array control device according to a
second exemplary embodiment of the invention.

10

15

20

25

30

35

40

45

50

55

60

65

26

FIG. 31 1s a block diagram showing an adaptive array
device having an adaptive array control device according to a
conventional example.

FIG. 32 1s a block diagram showing an exemplary configu-
ration of the blocking matrix circuit 310.

DESCRIPTION OF REFERENCE NUMERALS

311,3215~321,4, ¢, 3225~32244 5, subtracter

342 ~342,, |,

322,333, 343, 336, 346 adder

3235~323,,1, 334, 344, 354, 364 filter

330, 340, 350, 360 leakage blocking matrix circuit

331,-331,45, 341,-341;,,, 355,365 multiplier

400 delay element

500 multi-input canceller

600 output terminal

700 calculation section for target signal
to interference ratio (SIR)

800 control section

810 second i1dentification information
generation section

820 first 1dentification information
generation section

830 correction signal generation section

840 correction section

900 gain control section

901, 907 storage section

902 Fourier transform section

903,912 analyzing section

904, 913 gain calculation section

905,914 spectrum correction section

906 inverse Fourier transform section

911 band division filter bank

915 band synthesis filter bank

920 correlation calculation section

1000 computer

The mvention claimed 1s:

1. An adaptive array control device comprising:

a first identification information generation section which
applies first array processing to signals acquired 1n a
plurality of sensors arranged 1n an array and calculates a
relative ratio between a target signal and interference
based on phase information to thereby acquire first 1den-
tification information;

a correction signal generation section which generates a
correction signal, using the first identification informa-
tion, for performing larger correction when target signal
power 1s higher than mterference power;

a second identification nformation generation section
which calculates a relative ratio between the target sig-
nal and the interference based on amplitude information
to thereby acquire second 1dentification information;

a correction section which corrects the second 1dentifica-
tion information according to the correction signal to
thereby acquire corrected identification information;
and

a control section which controls speed and accuracy of
parameter adjustment 1n adaptive array processing using
the corrected 1dentification information.

2. The adaptive array control device, according to claim 1,
wherein the second 1dentification information generation sec-
tion applies second array processing to signals acquired 1n a
plurality of sensors arranged 1n an array and calculates the
relative ratio between the target signal and the interference
based on the amplitude information to thereby acquire the
second 1dentification information.
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3. The adaptive array control device, according to claim 2,
wherein

the second 1dentification information generation section

includes a third array processing section which attenu-
ates the target signal with respect to other signals to
thereby acquire a third array-processed signal, and a
fourth array processing section which enhances the tar-
get signal with respect to other signals to thereby acquire
a fourth array-processed signal, and acquires the second
identification information based on the third array-pro-
cessed signal and the fourth array-processed signal.

4. The adaptive array control device, according to claim 3,
wherein the second 1dentification information generation sec-
tion performs array processing on signals acquired from a
plurality of pairs of sensors having different sensor intervals,
among the plurality of sensors arranged 1n an array, to thereby
attenuate the target signal with respect to other signals and
acquire the third array-processed signal.

5. The adaptive array control device, according to claim 3,
wherein

the second 1dentification information generation section

includes an analyzing section which analyzes the fourth
array-processed signal to thereby acquire a signal char-
acteristic, and a correction section which corrects the
fourth array-processed signal according to the signal
characteristic to thereby acquire a corrected array-pro-
cessed signal, and acquires the second identification
information based on the third array-processed signal
and the corrected array-processed signal.

6. The adaptive array control device, according to claim 1,
wherein

the first i1dentification information generation section

includes a fifth array processing section and a sixth array
processing section which perform fifth array processing
and sixth array processing in which nput signals are
equal and a phase difference between output signals 1s
zero with respect to a signal incoming from a direction
vertical to the array, and with respect to a signal incom-
ing from another direction, the phase difference takes a
value between zero and 180 degrees corresponding to
the direction, to thereby acquire a fifth array-processed
signal and a sixth array-processed signal, and acquires
the first 1dentification information using the fifth array-
processed signal and the sixth array-processed signal.

7. The adaptive array control device, according to claim 6,
wherein the fifth array processing section and the sixth array
processing section are characterized in that a gain with
respect to the target signal 1s non-zero.

8. The adaptive array control device, according to claim 6,
wherein the first identification information generation section
generates the control signal using correlation between the
fifth array-processed signal and the sixth array-processed
signal.

9. The adaptive array control device, according to claim 6,
wherein

the first 1identification information generation section fil-

ters the fifth array-processed signal and the sixth array-
processed signal to thereby acquire a fifth filter-pro-
cessed signal and a sixth filter-processed signal, and
acquires the first 1dentification information using the
fifth filter-processed signal and the sixth filter-processed
signal.

10. The adaptive array control device, according to claim 6,
wherein

the fitth array processing section and the sixth array pro-

cessing section perform array-processing on signals
acquired from a plurality of pairs of sensors having
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different sensor intervals, among the plurality of sensors
arranged 1n an array, to thereby acquire a fifth array-
processed signal and a sixth array-processed signal.

11. An adaptive array control device comprising;:

first identification information generation means for apply-

ing first array processing to signals acquired i1n a plural-
ity of sensors arranged 1n an array and calculates a rela-
tive ratio between a target signal and interference based
on phase information to thereby acquire first 1dentifica-
tion information;

correction signal generation means for generating a cor-

rection signal, using the first identification information,
for performing larger correction when target signal
power 1s higher than mterference power;
second 1dentification information generation means for
calculating a relative ratio between the target signal and
the interference based on amplitude information to
thereby acquire second 1dentification mnformation;

correction means for correcting the second i1dentification
information according to the correction signal to thereby
acquire corrected 1dentification information; and

control means for controlling speed and accuracy of
parameter adjustment 1n adaptive array processing using
the corrected identification information.
12. An adaptive array controlling method comprising:
applying {irst array processing to signals acquired 1n a
plurality of sensors arranged 1n an array and calculating
a relative ratio between a target signal and interference
on phase information to thereby acquire first 1dentifica-
tion information;
generating a correction signal, using the first identification
information, for performing larger correction when tar-
get signal power 1s higher than interference power;

calculating a relative ratio between the target signal and the
interference based on amplitude mnformation to thereby
acquire second 1dentification information;

correcting the second identification information according

to the correction signal to thereby acquire corrected
identification information; and

controlling speed and accuracy of parameter adjustment 1n

adaptive array processing using the corrected identifica-
tion information.

13. The adaptive array controlling method, according to
claim 12, wherein the second identification information 1s
acquired by applying second array processing to signals
acquired 1n a plurality of sensors arranged in an array and
calculating the relative ratio between the target signal and the
interference based on the amplitude information.

14. The adaptive array controlling method, according to
claam 13, wherein the second array processing includes
attenuating the target signal with respect to other signals to
thereby acquire a third array-processed signal, and enhancing
the target signal with respect to other signals to thereby
acquire a fourth array-processed signal, and acquiring the
second 1dentification information based on the third array-
processed signal and the fourth array-processed signal.

15. The adaptive array controlling method, according to
claim 14, wherein

the second array processing includes performing array pro-

cessing on signals acquired from a plurality of pairs of

sensors having different sensor intervals, among a plu-
rality of sensors arranged 1n an array, to thereby attenu-
ate the target signal with respect to other signals and
acquire a third array-processed signal.
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16. The adaptive array controlling method, according to
claim 14, wherein

the second array processing includes analyzing the fourth

array-processed signal to thereby acquire a signal char-
acteristic, and correcting the fourth array-processed sig-
nal according to the signal characteristic to thereby
acquire a corrected array-processed signal, and acquir-
ing the second identification information based on the
corrected array-processed signal and the fourth array-
processed signal.

17. The adaptive array controlling method, according to
claim 12, wherein

the first array processing includes performing fifth array

processing and sixth array processing in which input
signals are equal and a phase difference between output
signals 1s zero with respect to a signal incoming from a
direction vertical to the array, and with respect to a signal
incoming from another direction, the phase difference
takes a value between zero and 180 degrees correspond-
ing to the direction, to thereby acquire a {fifth array-
processed signal and a sixth array-processed signal, and
acquiring the first identification information using the
fifth array-processed signal and the sixth array-pro-
cessed signal.

18. The adaptive array controlling method, according to
claiam 17, wherein the fifth array processing and the sixth
array processing are characterized in that a gain with respect
to the target signal 1s non-zero.

19. The adaptive array controlling method, according to
claim 17, wherein the first array processing includes gener-
ating the control signal using correlation between the fifth
array-processed signal and the sixth array-processed signal.

20. The adaptive array controlling method, according to
claim 17, wherein

the first array processing includes filtering the fifth array-

processed signal and the sixth array-processed signal to
thereby acquire a fifth filter-processed signal and a sixth
filter-processed signal, and acquiring the first identifica-
tion information using the fifth filter-processed signal
and the sixth filter-processed signal.

21. The adaptive array controlling method, according to
claim 17, wherein

the fifth array processing and the sixth array processing

include performing array-processing on signals
acquired from a plurality of pairs of sensors having
different sensor intervals, among the plurality of sensors
arranged 1n an array, to thereby acquire a fifth array-
processed signal and a sixth array-processed signal.

22. A computer readable medium storing an adaptive array
controlling program causing a computer to perform functions
of:
applying {irst array processing to signals acquired in a
plurality of sensors arranged 1n an array and calculating
a relative ratio between a target signal and interference
based on phase information to thereby acquire first 1den-
tification information;
generating a correction signal, using the first identification
information, for performing larger correction when tar-
get signal power 1s higher than interference power;

calculating a relative ratio between the target signal and the
interference based on amplitude information to thereby
acquire second 1dentification information;

correcting the second identification information according,

to the correction signal to thereby acquire corrected
identification information; and
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controlling speed and accuracy of parameter adjustment 1n
adaptive array processing using the corrected identifica-
tion 1nformation.

23. An adaptive array processing device comprising:

a sixth array processing section which enhances a target
signal with respect to other signals to thereby acquire a
sixth array-processed signal;

a seventh array processing section which attenuates the
target signal with respect to other signals to thereby
acquire a seventh array-processed signal;

a correlation elimination section which eliminates a signal
component correlated to the seventh array-processed
signal from the sixth array-processed signal and outputs
the sixth array-processed signal;

a first identification information generation section which
applies first array processing to signals acquired 1n a
plurality of sensors arranged 1n an array and calculates a
relative ratio between the target signal and interference
based on phase information to thereby acquire first iden-
tification information;

a correction signal generation section which generates a
correction signal, using the first identification informa-
tion, for performing larger correction when target signal
power 1s higher than mterference power;

a second identification nformation generation section
which calculates a relative ratio between the target sig-
nal and the interference based on amplitude information
to thereby acquire second identification information;

a correction section which corrects the second 1dentifica-
tion imformation according to the correction signal to
thereby acquire corrected identification information;
and

a control section which controls speed and accuracy of
parameter adjustment 1n adaptive array processing using
the corrected identification information.

24. The adaptive array processing device, according to

claim 23, wherein

the second identification information generation section
applies second array processing to signals acquired 1n a
plurality of sensors arranged 1n an array and calculates
the relative ratio between the target signal and the inter-
ference based on the amplitude information to thereby
acquire the second 1dentification information.

25. The adaptive array processing device, according to

claim 24, wherein

the second identification information generation section
includes a third array processing section which attenu-
ates the target signal with respect to other signals to
thereby acquire a third array-processed signal, and a
fourth array processing section which enhances the tar-
get signal with respect to other signals to thereby acquire
a fourth array-processed signal, and acquires the second
identification information based on the third array-pro-
cessed signal and the fourth array-processed signal.

26. The adaptive array processing device, according to

claim 25, wherein

the second i1dentification information generation section
performs array processing on signals acquired from a
plurality ol pairs of sensors having different sensor inter-
vals, among the plurality of sensors arranged 1n an array,
to thereby attenuate the target signal with respect to
other signals and acquire the third array-processed sig-
nal.

277. The adaptive array control device, according to claim

25, wherein

the second identification information generation section

includes an analyzing section which analyzes the fourth
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array-processed signal to thereby acquire a signal char-
acteristic, and a correction section which corrects the
fourth array-processed signal according to the signal
characteristic to thereby acquire a corrected array-pro-
cessed signal, and acquires the second identification
information based on the third array-processed signal
and the corrected array-processed signal.

28. The adaptive array processing device, according to
claim 23, wherein

the first i1dentification information generation section

includes a fifth array processing section and a sixth array
processing section which perform fifth array processing,
and sixth array processing in which input signals are
equal and a phase difference between output signals 1s
zero with respect to a signal incoming from a direction
vertical to the array, and with respect to a signal incom-
ing from another direction, the phase difference takes a
value between zero and 1 corresponding to the direction,
to thereby acquire a fifth array-processed signal and a
sixth array-processed signal, and acquires the first 1den-
tification information using the fifth array-processed
signal and the sixth array-processed signal.

29. The adaptive array processing device, according to
claim 28, wherein the fifth array processing section and the
s1xth array processing section are characterized 1n that a gain
with respect to the target signal 1s non-zero.

30. The adaptive array processing device, according to
claim 28, wherein the first identification information genera-
tion section generates the control signal using correlation
between the fifth array-processed signal and the sixth array-
processed signal.

31. The adaptive array processing device, according to
claim 28, wherein

the first identification mformation generation section fil-

ters the fifth array-processed signal and the sixth array-
processed signal to thereby acquire a fifth filter-pro-
cessed signal and a sixth filter-processed signal, and
acquires the first 1dentification information using the
fifth filter-processed signal and the sixth filter-processed
signal.

32. The adaptive array control device, according to claim
28, wherein

the fifth array processing section and the sixth array pro-

cessing section perform array-processing on signals
acquired from a plurality of pairs of sensors having
different sensor intervals, among the plurality of sensors
arranged 1n an array, to thereby acquire a fifth array-
processed signal and a sixth array-processed signal.

33. An adaptive array processing device comprising:

sixth array processing means for enhancing a target signal

with respect to other signals to thereby acquire a sixth
array-processed signal;

seventh array processing means for attenuating the target

signal with respect to other signals to thereby acquire a
seventh array-processed signal;

correlation elimination means for eliminating a signal

component correlated to the seventh array-processed
signal from the sixth array-processed signal and output-
ting the sixth array-processed signal;

first identification information generation means for apply-

ing first array processing to signals acquired 1n a plural-
ity of sensors arranged in an array and calculating a
relative ratio between the target signal and interference
based on phase information to thereby acquire first iden-
tification information;

correction signal generation means for generating a cor-

rection signal, using the first identification information,
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for performing larger correction when target signal
power 1s higher than interference power;

second i1dentification information generation means for
calculating a relative ratio between the target signal and
the interference based on amplitude information to
thereby acquire second 1dentification mnformation;

correction means for correcting the second 1dentification
information according to the correction signal to thereby
acquire corrected 1dentification information; and

control means for controlling speed and accuracy of
parameter adjustment in adaptive array processing using
the corrected 1dentification information.

34. An adaptive array processing method comprising:

enhancing a target signal with respect to other signals to
thereby acquire a sixth array-processed signal;

attenuating the target signal with respect to other signals to
thereby acquire a seventh array-processed signal;

when eliminating a signal component correlated to the
seventh array-processed signal from the sixth array-pro-
cessed signal and outputting the sixth array-processed
signal, applying first array processing to signals
acquired 1n a plurality of sensors arranged 1n an array
and calculating a relative ratio between the target signal
and interference based on phase mnformation to thereby
acquire first identification information;

generating a correction signal, using the first identification
information, for performing larger correction when tar-
get signal power 1s higher than interference power;

calculating a relative ratio between the target signal and the
interference based on amplitude information to thereby
acquire second 1dentification information;

correcting the second identification information according
to the correction signal to thereby acquire corrected
identification imnformation; and

controlling speed and accuracy of parameter adjustment 1n
adaptive array processing using the corrected 1dentifica-
tion information.

35. The adaptive array processing method, according to

claim 34, wherein

the second 1dentification information is acquired by apply-
ing second array processing to signals acquired 1n a
plurality of sensors arranged 1n an array and calculating
the relative ratio between the target signal and the inter-
ference based on the amplitude information.

36. The adaptive array processing method, according to

claim 34, wherein

the second array processing includes attenuating the target
signal with respect to other signals to thereby acquire a
third array-processed signal, and enhancing the target
signal with respect to other signals to thereby acquire a
fourth array-processed signal, and acquiring the second
identification information based on the third array-pro-
cessed signal and the fourth array-processed signal.

37. The adaptive array processing method, according to

claim 36, wherein

the second array processing includes performing array pro-
cessing on signals acquired from a plurality of pairs of
sensors having different sensor intervals, among a plu-
rality of sensors arranged 1n an array, to thereby attenu-
ate the target signal with respect to other signals and
acquire a third array-processed signal.

38. The adaptive array processing method, according to

claim 36, wherein

the second array processing includes analyzing the fourth
array-processed signal to thereby acquire a signal char-
acteristic, and correcting the fourth array-processed sig-
nal according to the signal characteristic to thereby
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acquire a corrected array-processed signal, and acquir-
ing the second identification information based on the
corrected array-processed signal and the fourth array-
processed signal.

39. The adaptive array processing method, according to
any one of claims 34, wherein

the first array processing includes performing fifth array

processing and sixth array processing in which input
signals are equal and a phase difference between output
signals 1s zero with respect to a signal incoming from a
direction vertical to the array, and with respect to a signal
incoming from another direction, the phase difference
takes a value between zero and 180 degrees correspond-
ing to the direction, to thereby acquire a {fifth array-
processed signal and a sixth array-processed signal, and
acquiring the first identification information using the
fifth array-processed signal and the sixth array-pro-
cessed signal.

40. The adaptive array processing method, according to
claim 39, wherein the fifth array processing and the sixth
array processing are characterized in that a gain with respect
to the target signal 1s non-zero.

41. The adaptive array processing method, according to
claim 39, wherein the first array processing includes gener-
ating the control signal using correlation between the fifth
array-processed signal and the sixth array-processed signal.

42. The adaptive array processing method, according to
claim 39, wherein

the first array processing includes filtering the fifth array-

processed signal and the sixth array-processed signal to
thereby acquire a fifth filter-processed signal and a sixth
filter-processed signal, and acquiring the first identifica-
tion information using the fifth filter-processed signal
and the sixth filter-processed signal.

43. The adaptive array processing method, according to
claim 39, wherein
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the fifth array processing and the sixth array processing
include performing array-processing on signals
acquired from a plurality of pairs of sensors having
different sensor intervals, among the plurality of sensors
arranged 1n an array, to thereby acquire a fifth array-
processed signal and a sixth array-processed signal.

44. A computer readable medium storing an adaptive array

controlling program causing a computer to perform functions
of:

enhancing a target signal with respect to other signals to
thereby acquire a sixth array-processed signal;

attenuating the target signal with respect to other signals to
thereby acquire a seventh array-processed signal;

climinating a signal component correlated to the seventh
array-processed signal from the sixth array-processed
signal and outputting the sixth array-processed signal;

applying {irst array processing to signals acquired 1n a
plurality of sensors arranged in an array and calculating
a relative ratio between the target signal and interference
based on phase information to thereby acquire first iden-
tification information;

generating a correction signal, using the first identification
information, for performing larger correction when tar-
get signal power 1s higher than interference power;

calculating a relative ratio between the target signal and the
interterence based on amplitude information to thereby
acquire second identification information;

correcting the second 1dentification information according,
to the correction signal to thereby acquire corrected
identification information; and

controlling speed and accuracy of parameter adjustment 1n
adaptive array processing using the corrected 1dentifica-
tion 1nformation.
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